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© A receiver for deciding which signal points were 
sent from a transmitter based on corresponding 
noise affected signals received via a distorting chan- 
nel, the noise affected signals carrying information 
about a particular sequence of encoding states oc- 
cupied in a succession of time intervals by a finite 
state process having a finite number of possible 
encoding states, the receiver including modifying 
circuitry for generating a plurality of different modi- 
fied versions of each received signal, and a decoder 
j^for deciding which signal points were sent based on 
^estimating a particular sequence of decoder states 
by storing a number of path histories of previous 
{^signal points and using the modified versions to 
fs extend the path histories, the different modified ver- 
^sions of each received signal numbering fewer than 
Qthe number of stored path histories. In other aspects, 
Nthe constellation of signal points is partitioned into 
q decision subsets, each possible transitions from a 
possible decoder state are associated with a de- 
Q-cision subset, based on the signal points in the path 
^histories, and each of the modified versions is asso- 
ciated with one of the decision subsets; there are 



fewer modified versions than the number of decoder 
states; and the decoder states number fewer than 
the number of decoder states in an optimum trellis 
decoder. 
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Coded Modulation System With A Simplified Decoder Capable of Reducing the Effects of Channel 

Distortion 



Background of the Invention 

This invention relates to modulated carrier sys- 
tems, for example so-called coded type systems in 
which digital symbols to be sent over a band- 
limited channel are encoded as a sequence of 
discrete signal points selected from an available 
signal point alphabet, with dependencies being in- 
troduced between successive signal points in the 
sequence to increase immunity to noise and distor- 
tion. 

In typical such coded systems, for example the 
systems described in Csajka et a!. U.S. Patent No. 
3,877,768, and Ungerboeck, "Channel Coding with 
Multilevel/Phase Signals", IEEE Transactions on In- 
formation Theory, Vol. IT-28, No. 1, January, 1982, 
information about the dependencies between suc- 
cessive signal elements is exploited at the receiver 
using a decoding technique based on the Viterbi 
algorithm described in Forney, "The Viterbi Al- 
gorithm", Proceedings of the IEEE, 61(3):268 - 
(March 1973), incorporated herein by reference. In 
such a technique, instead of decoding each re- 
ceived signal independently into the signal point 
closest to the received signal in the sense of Eu- 
clidean distance a sequence of received signals is 
decoded into the sequence of signal points closest 
to the sequence of received signals in the sense of 
the algebraic sum of squared Euclidean distances. 
In such coded systems, final decisions are delayed 
for a sufficient number of signaling intervals to 
assure to an acceptably high probability that the 
sequence of which signal points were sent will be 
correctly decided. By contrast to coded systems, in 
conventional uncoded systems each symbol is en- 
coded into signal point based only on the symbol 
to be encoded, with no dependencies between 
successive signal points; at the receiver, decoding 
proceeds one symbol at a time. 

Receivers for data transmission systems typi- 
cally include an equalizer to reduce the effects of 
intersymbol interference introduced by the channel, 
as described in Qureshi, "Adaptive Equalization", 
IEEE Communications Magazine, March, 1982, in- 
corporated herein by reference. A so-called linear 
equalizer for a quadrature amplitude modulation - 
(QAM) system, for example, is typically a transver- 
sal filter which takes samples of a received, signal, 
multiplies each sample by a complex coefficient, 
and adds the products to obtain an equalized re- 
ceived signal for use in decoding. For channels 
with severe amplitude distortion, such a linear tran- 
sversal equalizer enhances noise and correlates 



the noise in successive, intervals. In coded systems 
using the conventional Viterbi algorithm decoder, 
such noise correlation will increase the probability 
of making decision errors. 

5 In conventional uncoded systems, a decision 
• feedback type equalizer (DFE) can be substituted 
for the linear equalizer to perform equalization with 
less noise enhancement. DFEs also have the prop- 
erty of producing uncorrelated noise samples. 

70 DFEs are described in the Qureshi article cited 
above, in CA Belfiore and J.H. Park, Jr., "Decision 
Feedback Equalization", Proceedings of the IEEE, 
August, 1979, and in D.D. Falconer, "Application of 
Passband Decision Feedback Equalization in Two- 

75 Dimensional Data Communication Systems", IEEE 
Transactions on Communications, October, 1976, 
incorporated herein by reference. Generally, a DFE 
multiplies previous decisions by feedback coeffi- 
cients and sums the products to produce a value to 

20 be applied to the demodulated, partly equalized, 
undecoded received signal to correct for the antici- 
pated channel intersymbol interference (due to pre- 
vious signal points) in the currently received signal. 
Receivers for conventional uncoded systems 

25 sometimes use modified DFEs (which may be 
called noise predictors) to predict and compensate 
for the noise component in the received signal, as 
described in the Belfiore and Park article. The 
noise predictor output is a weighted sum of past 

30 error signals (each based on a comparison of a 
past received signal with the corresponding de- 
cision), where the weighting coefficients are se- 
lected to minimize the average power of the resid- 
ual noise signals after prediction by removing the 

35 correlation which exists between successive error 
signals before prediction. Unlike the conventional 
DFEs, in noise predictors the coefficients of the 
linear (or forward) equalizer are independent of the 
noise predictor (or feedback) coefficients. The for- 

40 ward equalizer coefficients can be updated to mini- 
mize the mean square error before prediction as in 
a conventional linear equalizer. Typically the num- 
ber of feedback coefficients is small. For example, 
in high-speed voice-band modems a single coeffi- 

45 cient can be sufficient even for worst case chan- 
nels and high baud rates of the order of 2800 
Baud. Fig. 1 illustrates a noise predictor having 
only a single predictor coefficient 

Other decision feedback techniques have been 

so used to correct for other kinds of channel-imposed 
distortion. For example, adaptive phase predictors 
correct for phase jitter using the history of actual 
phase errors reflected in the most recent decisions 
as an indication of phase distortion. 
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In using decision feedback techniques with 
conventional uncoded systems, decisions of which 
signal points were sent are available without delay. 
In coded systems, using DFE generally requires 
tentative decisions with no delay. Tentative de- 
cisions could be obtained from the most likely path 
history of the Viterbi algorithm, but such tentative 
decisions would not be reliable enough for feed- 
back. 

Use of the Viterbi algorithm as an optimum 
method of detecting a sequence of transmitted 
signals received over a noisy channel with inter- 
symbol interference (ISI) in a conventional uncoded 
system is described in Forney, "Maximum-Likeli- 
hood Sequence Estimation of Digital Sequences in 
the Presence of Intersymbol Interference," IEEE 
Transactions on Information Theory, vol. IT-18, No. 
3, May 1972. This application of the Viterbi al- 
gorithm is similar to detecting a sequence of sig- 
nals transmitted by coded modulation in that in 
both cases dependencies between successive sig- 
nal elements are introduced by a finite-state pro- 
cess, in coded modulation systems, the finite-state 
process is the encoder in the transmitter. In con- 
ventional uncoded systems with ISI, the IS! model 
of the channel (including transmit and receive fil- 
ters) represents the finite-state process as ex- 
plained in the Forney article. The state in the finite- 
state process is determined by the K most recent 
signal points, where K is the number of ISI terms in 
the channel model. Thus, assuming L bits are sent 
every signaling interval, the Viterbi algorithm will be 
based on (2 L ) K possible states. In this application 
of the Viterbi algorithm, the branch metric com- 
putations will take into account the presence of ISI. 

It is also possible to use the Viterbi algorithm 
as an optimum method for exploiting the noise 
correlation at the output of a linear equalizer. In 
terms of performance, this would be equivalent to 
the more conventional use described in the Forney 
article, provided the linear equalizer eliminates ISI. 
In this approach the Viterbi algorithm will again be 
based on (2 L ) K states defined in the same manner, 
except branch metric computations are based on 
noise correlation rather than ISI. 

In coded systems it is also possible to use the 
Viterbi algorithm for reducing the effects of channel 
distortion in an optimum manner, as described, for 
example, by A. Viterbi and J. Omura in "Principles 
of Digital Communication and Coding", McGraw 
Hill Book Company, 1979, incorporated herein by 
reference. In this approach the Viterbi algorithm will 
simultaneously provide decoding and channel 
equalization using a larger number of states than 
used in the encoder. Specifically, for each encoder 
state a new set of decoder states is defined in 



terms of K possible previous signal points such 
that with N encoder states a large number -N(2 L )- 
K -of decoder states is needed and a complicated 
implementation is required. 

5 To summarize, in coded systems the combina- 
tion of decision-feedback equalization and Viterbi 
detection is generally not directly available due to 
the decoding delay and to implementation com- 
plexity, respectively. 

to One scheme for using decision feedback with 
Viterbi algorithm decoding is disclosed in Qureshi, 
patent application USSN 687,205, filed December 
28, 1984, assigned to the same assignee as this 
application, and incorporated herein by reference. 

is In the Qureshi application, the receiver associates a 
separate decision-feedback noise predictor circuit 
with each possible state of the Viterbi decoder. The 
different predictor circuits use signal points in each 
state's path history for feedback to produce noise 

20 predictions as in a DFE. These noise predictions 
are used to offset the received signal to produce 
different modified versions. In extending the con- 
tending path histories from a current time interval 
to the next time interval, the Viterbi decoder uses 

25 these modified versions to compute branch metr- 
ics. Specifically, a branch metric for a transition 
from a given state is computed using the modified 
received signal based on noise prediction utilizing 
the signal points in that state's path history for 

30 decision-feedback. 

More generally, in the Qureshi scheme the 
Viterbi decoder assumes the number of ISI terms 
in the channel model to be fewer than the actual 
number of ISI terms. In computing branch metrics 

35 the effect of longer ISI (or longer noise correlation) 
is compensated using decision-feedback indepen- 
dently for each state with decisions obtained from 
the path histories. 

Some data transmission systems use so-called 

40 multi-dimensional encoding of digital symbols. A 
family of trellis coded multi-dimensional systems is 
disclosed in Wei, U.S. Serial No. 727,398, filed on 
April 25,1985 assigned to the same assignee as 
this application, and incorporated herein by refer- 

45 ence. 

For example, a code for sending 7 bits per 
signaling interval could use a 32-state encpder 
which takes two intervals worth of bits (14 bits) at a 
time and maps them into two 2-dimensionaI (2D), 

so signal constellations to obtain two 2D signal points 
transmitted in two successive signaling intervals. 
The received signals can be decoded with a Viterbi 
algorithm having 32-states where the path metrics 
and path histories are updated once every two 

55 signaling intervals based on 4D branch metrics. In . 
multi-dimensional systems, the Viterbi algorithm 
can again be used to reduce the effects of channel 
distortion in an optimum manner. The Qureshi - 
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scheme, if applied to coded systems with a large 
number of states and/or with multi-dimensional en- 
coding, would require a large number of branch 
metric computations and received signal modifica- 
tions. 

Unless indicated otherwise, in what follows we 
will use the term "signal points" to mean the trans- 
mitted symbols sent every signaling interval and 
the term "signal constellation" to mean the get of 
different possible signal points. 

Summary of the Invention 

In one aspect, the general feature of the inven- 
tion is a receiver that generates a plurality of modi- 
fied versions of each received signal, and a de- 
coder that decides which signal points were sent 
based on estimating a particular sequence of de- 
coder states corresponding to a particular se- 
quence of encoding states of a finite state process; 
the decoder stores a number of path histories and 
uses the modified versions to extend them to later 
signaling intervals, there being fewer modified ver- 
sions than there are stored path histories. 

In a second aspect, the general feature of the 
invention is in partitioning the signal point con- 
stellation into decision subsets and associating 
possible transitions from a decoder state with one 
of decision subsets based upon signal points 
stored in the path histories, and associating each 
modified version with one decision subset. 

In a third aspect, the general feature of the 
invention is using fewer modified versions than the 
number of decoder states. 

In a fourth aspect, the general feature of the 
invention is in using fewer decoder states than the 
number of decoder states in an optimum trellis 
decoder. 

The preferred embodiments include the follow- 
ing features. The number of encoder states can be 
one (i.e., an uncoded system). In some embodi- 
ments, the finite state process is a coder in the 
transmitter that draws the signal points from en- 
coder subsets of the signal point constellation and 
associates encoding state transitions with encoder 
subsets. In other embodiments, the finite state pro- 
cess is imposed by the distorting characteristics of 
the channel. The different modified versions are 
based on alternative decisions on the received sig- 
nals. The alternative decisions are generated after 
no delay or after a delay of fewer time intervals 
than for final decisions. Each alternative decision is 
associated with a particular decision subset. The 
decision subsets are formed by partitioning the 
constellation. In some embodiments, the decision 
subsets are the same as the encoder subsets; in 
others, the decision subsets are not the same as 
the encoder subsets, for example they may be 



unions of the encoder subsets. The decision sub- 
sets may have a dimensionality larger than the 
dimensionality of the signal constellation. The alter- 
native decisions are the signal points in the de- 

5 cision subsets that are closest to the most recent 
received signal. Each modified version is obtained 
by a noise predictor that offsets each received 
signal by a noise prediction value that is based on 
errors between .prior received signals and corre- 

io sponding alternative decisions. The time interval 
between successive encoding states may span a 
plurality of (e.g., 2) successive signaling intervals. 
The transmitter has a modulator and the receiver 
has a demodulator. The number of path histories is 

75 greater than two. There may be four decision sub- 
sets and four modified versions. Decoder states are 
formed by combining encoder states with decision 
subsets. The decoder may make branch metric 
calculations successively with respect to each of 

20 the signal points spanned by the time interval. 

The invention enables using better equalization 
techniques in coded systems by exploiting the 
noise correlation at the output of a linear equalizer. 
The invention can provide a simplification of the 

25 Qureshi scheme when the number of feedback 
coefficients is small. The invention also provides a 
new means for reducing the number of states in 
the optimum Viterbi algorithm when used to reduce 
the effects of channel distortion in systems with a 

30 large number of signal points. The decoder is sim- 
pler compared to prior art decoders because gen- 
erally fewer branch metric computations and re- 
ceived signal modifications are needed. The addi- 
tional decoder complexity relative to a conventional 

35 Viterbi decoder is generally independent of the 
number of states in the Viterbi algorithm and of the 
dimensionality of the encoder. The lower complex- 
ity of the decoder could allow its use with high- 
speed voiceband modems using a typical digital 

40 signal processor. The decoder can operate at a 
near-optimum performance at reduced complexity 
by taking into account the channel distortion in the 
decoding process. The actual performance advan- 
tage will depend upon the channel attenuation dis- 

45 tortion, the coding system employed, and the com- 
plexity allowed at the receiver. In a typical applica- 
tion, a signal-to-noise ratio advantage of 0.5 to 1.5 
dB can be obtained with noise predictors having 
just a single coefficient and using the same num- 

50 ber of states in the decoder as in the encoder. 

Other advantages and features will become 
apparent from the following description of the pre- 
ferred embodiment and from the claims. 

55 Description of the Preferred Embodiment 

We first briefly describe the drawings. 
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Drawings 

Fig. 1 is a block diagram of a receiver for use 
with an uncoded system and including a prior art 
noise predictor. 

Fig. 2 is a block diagram of a transmitter of a 
32-state; 4-dimensional coded modulated carrier, 
communication system. 

Fig. 3 is a block diagram of the encoders and 
selector of Fig. 2. 

Fig. 4 is a block diagram of a receiver for use 
with the transmitter of Fig. 2. 

Fig. 5 is a block diagram of the decoder of Fig. 

4. 

Fig. 6 is a diagram of a two-dimensional signal 
constellation for use with the transmitter of Fig. 2. 

Fig. 7 is a block diagram of the encoders and 
bit converter of Fig. 3. 

Fig. 8 is a chart of 4D subsets, 2D subset 
pairs T and corresponding bit patterns. 

Fig. 9 is a representative portion of a trellis 
diagram. 

Fig. 10 is a trellis chart 

Fig. 11 is a bit chart corresponding to the block 
encoder of Fig. 7. 

Fig. 12 is a block diagram of the noise predic- 
tion circuitry and decoder of Rg. 4. 

Fig. 13 is a flow chart of the decoding process. 

Rg. 14 is a representative portion of a trellis 
diagram. 

Rg. 15 is a block diagram of a 16-QAM system 
employing the simplified Viterbi decoder. 

Rg. 16 is a partitioned 16-QAM signal con- 
stellation. 

Rg. 17 is a trellis chart. 

Structure and Operation 

Referring to Rg. 2 r in transmitter 10 a scram- 
bler 12 receives a serial bit stream of information to 
be sent over a channel 14 at the rate of 7 bits per 
signaling interval. The 14 information bits that ap- 
pear in each pair of successive signaling intervals, 
denoted as 11 n through I7 n for n = 1, 2, are 
delivered to encoders and grouping device 18 
which in turn delivers in series two pairs of in- 
phase and quadrature coordinates, each pair cor- 
responding to a point in a two-dimentional (2D) 
signal constellation. In each signaling interval, 
modulator, pulse shaping filter, and D-to-A con- 
verter 20 modulates a carrier in accordance with 
the next pair of coordinates from encoder and 
grouping device 18 and delivers the modulated 
carrier channel signals to channel 14. 

Referring to Rg. 3, encoders and grouping 
device 18 include a serial-to-parallel bit converter 
29 which receives the serially appearing scrambled 
bits, organizes them into groups of information bits 



each having 14 bits and delivers each group to a 
differential encoder 30 which receives the informa- 
tion bits and differentially encodes some of them. 
The information bits including the differentially en- 

5 coded ones are then passed through a finite state 
device in the form of a -convolutional encoder 32 
which convolutionally encodes some of the bits, 
adding one redundancy bit indicative of the current 
state of the finite state device represented by the 

70 convolutions encoder. The information bits includ- 
ing the differentially and convolutionally encoded 
bits are then passed through a bit converter and 
block encoder 34. The ■ block encoder encodes 
some of the information bits and adds an additional 

is bit. The bit converter reorganizes a set of the bits 
including the differentially and convolutionally en- 
coded bits. 

The output bits of the bit converter and block 
encoder 34 is a set of 16 point selection bits which 

20 are organized as the two groups Z0 n through Z7 ni n 
= 1,2. Bit group device and parallel-to-serial bit 
group converter 36 then takes the groups one at a 
time and delivers them to 2D mapping table 38. 
For each combination of bits in a group, table 38 

25 contains the corresponding pair of modulation co- 
ordinates which are then delivered to modulator 20 

(fig. 2). ■ 

Because the current state of the finite state 
device represented by the convolution^ encoder 

30 depends both on its prior state and on the current 
information bits, the output bits of the convolutional 
encoder (and hence the transmitted signals) carry 
historical information about the information bits be- 
ing sent This historical information is exploited at 

35 the receiver end of channel 14. 

Referring to Rg. 4, in receiver 40, the received 
modulated carrier channel signals are passed 
through an A-to-D converter 41, a linear equalizer 
44, and a demodulator 45. Equalized and demodu- 

4Q iated coordinate pairs are delivered serially from 
equalizer 44 to a modifying circuitry 46. Four modi- 
fied versions of the received signals are then deliv- 
ered respectively over four lines 47 to a decoder 
48. Decoder 48 after a delay of several signaling 

45 intervals delivers final decision bits, for each group 
of 14 information bits which were sent, to a de- 
scrambler 52 to recover the original serial bit- 
stream. 

Referring to Rg. 5, in decoder 48 the modified 
so versions of the received signals are delivered to a 
modified Viterbi algorithm device 60 which after 
some delay delivers two final coordinate pair de- 
cisions. Parallel-to-serial coordinate pair converter 
62 applies the coordinate pairs serially one pair at 
55 a time to a bit mapping table 64. For each coordi- 
nate pair applied to table 64, a corresponding 
group of eight decision bits is delivered to a serial- 
to-paraliel bit group converter 65, then to a bit 
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deconverter and block decoder 66, then to a dif- 
ferential decoder 68, and finally to a parallel-to- 
serial bit converter 69. The deconverter and de- 
coder perform the reverse processes from the con- 
version and coding performed at the transmitter. 
The differential decoder then provides the esti- 
mates of the original groups of seven information 
bit?, 11 n through I7 ni n * 1, 2 via converter 69. 

Returning again to the transmitter, the fourteen 
information bits which appear in two successive 
signaling intervals are encoded into two 2D signal 
points drawn from a 2D constellation having 192 
points. 

Fig. 6 shows how the 2D constellation 70 is 
constructed and partitioned. The 2D constellation 
includes the same 128-point cross constellation 72 
(located within the boundary shown) which is typi- 
cally used with an uncoded system for sending 7 
bits per signaling interval. Those 128 points - 
(indicated as dots) within the boundary are called 
inner group points. The 2D constellation also in- 
cludes an outer group of 64 points, half as many 
points as are in the inner group. The outer group 
points are selected from the possible points lying 
on an extension of the inner group rectangular grid 
to regions beyond the boundary of the 128-point 
cross constellation. The outer group points are 
arranged as close to the origin as possible. 

The 192-point 2D constellation is partitioned 
into four equal-sized subsets, denoted A, B, C, and 
D. In Fig. 6, the subset to which each point belongs 
is indicated by a lower case letter, a, b, c, or d. 
The subsets are grouped into two 2D families, 
denoted AUB (the union of A with B) and CUD. All 
subsets have the same numbers of inner group 
points and outer group points. The ratio of the 
number of outer group points to the number of 
inner group points in each subset is the same as 
the ratio for the entire 2D constellation. The mini- 
mum squared distance, 4d§ , between points 
belonging to the same subset is greater than the 
minimum squared distance, 2d© , between 
points belonging to different subsets within the 
same 2D family, which is in turn greater than the 
minimum squared distance, d % , between any 
two points. (Examples of such distances are shown 
with reference to point 74 on Fig. 6). 

In the constellation of Fig. 6, some of the 2D 
points are labeled with a six-bit value representing 
the bit pattern Z2 n + t Z3 n + 1 Z4 n + t Z5 n + 1 Z6 n + 
, Z7 n + 1 (i = 0, 1). 

The same bit pattern is assigned to each of the 
four 2D points which can be obtained from each 
other by 90 degree rotations of the constellation. 



Two identical such 2D constellations taken to- 
gether can be conceived as a single 4D constella- 
tion having 36864 (=192 x 192) 4D points, the four 
coordinates of each 4D point being the same as 

5 the two pairs of coordinates of the corresponding 
pair of 2D points, one from each 2D constellation. 
Only 32768 ( = 2 15 ) of the 36864 4D points are 
used, namely the ones whose corresponding pair 
or 2D points do not belong to the outer group. 

70 From now on, in discussing the 32-state code for 
transmitting 7 bits per signaling interval, we will 
refer to this 32768-point 4D constellation as the 4D 
constellation. 

We now define16 (=4 x 4) 4D subsets, each 

75 corresponding to a pair of 2D subsets, and denoted 
as (A,A), (A,B) , .... and (D,D). Each 4D subset 
has 2048 points and the minimum squared dis- 
tance between two 4D points belonging to the 
same subset is 4d © , which is the same as the 

20 minimum squared distance between two 2D points 
belonging to the same 2D subset (The squared 
distance between two 4D points is simply the sum 
of the squared distances with respect to the two 
pairs of 2D points to which those two 4D points 

25 correspond.) Note also that each 4D subset like the 
4D constellation generally, contains only 4D points 
for which the corresponding pair of 2D points do 
not both belong to the outer groups of the 2D 
subsets corresponding to that 4D subset. 

30 The sixteen 4D subsets are grouped into two 
4D families, denoted as 0U1 U2U3U4U5U6U7 and 
8U9U10U11U12U13U14U15. The minimum 
squared distance, 4d £ , between 4D points be- 
longing to the same 4D subset is greater than the 

35 minimum squared distance, 2d § i between 4D 
points belonging to different 4D subsets within the 
same 4D family, which is in turn greater than the 
minimum squared distance, d § . between any 
two 4D points. 

40 The design of 32-state, 180 degree rotationally 
invariant linear convolutional code with these six- 
teen 4D subsets is illustrated in Figs. 7 and 8. A 
-Tate 3/4, 32-state linear convolutional encoder 84 is 
used to generate four bits (Y0 n 11 n I2 n I3 n ) needed 

45 to specify the 4D subset from which a 4D point is 
to be drawn. (Note that the bit patterns in the Y0 n 
11 n I2 n I3 n columns of Fig. 8 correspond to the 
decimal number for each 4D subset.) 

In convolutional encoder 84, each box marked 

so 2T represents a temporary storage element which 
holds any input value for two signaling intervals; 
the value held in the element always appears at its 
output. The circles marked plus are "exclusive or 
elements". The outputs of the 2T elements are bits 

55 marked W1 n , W2„, W3„, W4„, and W5 n which 
together comprise the state of the finite state de- 
vice represented by encoder 84. 
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Only certain sequences of state transitions of 
the convolutional encoder are allowed as repre- 
sented by the branches in the trellis diagram of 
Fig. 9. In Fig. 9, the 32 possible current states are 
represented by a column of dots 86 each marked 
with the corresponding pattern of state defining 
bits. The 32 possible next states are represented 
by column 88. Trellis branches 90 connecting cur- 
rent states to next states represent allowed state 
transitions (Only representative portions of the trel- 
lis are shown in Fig. 9. The entire trellis can be 
reconstructed from the chart of Fig. 10). Each state 
can be followed by only eight possible transitions. 
Each transition has a 4D subset assigned to it The 
assignment for transitions from each current state 
are represented by the 4D subset numbers appear- 
ing in column 92 to the left of that state. For 
example, the eight transitions from current state 
00000 are assigned 4D subsets 01452367 respec- 
tively, as shown in Fig. 10. Only the first three 
transitions are labeled in Fig. 9. 



We now describe how to map the four output 
bits of the convolutions encoder and the eleven 
remaining uncoded information bits into the 4D 
constellation. Four coordinate values are needed to 

5 define each 4D point A table of 96 ( = 48 x 2) 2D 
coordinate values is used twice to look up the four 
needed coordinate values. The table being referred 
to can be constructed from the constellation of Fig. 
6 simply by associating with the coordinates of 

70 each point the eight bits needed to represent the 
point, namely, the six bits marked under the point 
and the two bits needed, to specify its 2D subset. 
For example, for point 74 the coordinates 5,5 are 
associated in the table with the eight Z bits 

75 10001010. 

Referring again to Figs. 7 and 8, after using the 
four output bits of the convolutional encoder to 
specify a 4D subset, a bit converter 96 converts 
the four bits (Y0 n , 11 „, I2„, I3 n ) into two pairs of 

20 selection bits, Z0 n Z1 n , and Z0 n + 1 Z1 n + 1f which 
are used to select the pair of 2D subsets cor- 
responding to the 4D subset In the constellation of 
Fig. 6, each pair of selection bits corresponds in a 
2D subset in accordance with the following table: 

25 



2D Subset 



ZOn Zln Or ZQ n +l Zln+- 



A 
B 
C 
D 



00 
01 
10 

11 



The eleven uncoded information bits which re- 
main are used to select a particular 4D point from 35 
the previously selected 4D subset 

Referring to Figs. 7 and 11, a 4D block en- 
coder 97 takes three of the remaining uncoded 
information bits (H n + n , I2 n + i, and I3 n + i) and 
generates two pairs of selection bits (Z2 n Z3 n and *o 
*Z2 n + 1 Z3 n + i). Each pair of those selection bits 
can assume any of the values 00, 01, or 10, but 
they cannot both assume the value 10. The first 
pair Z2 n Z3 n will be used to select the inner group 
or outer group of the first 2D subset corresponding 45 
to the previously selected 4D subset likewise for 
the second pair Z2* + !Z3 n + 1 with respect to the 
second 2D subset The inner group is organized 
into two halves. If the pair of selection bits is 00, 
one of the- halves of the inner group is selected; if so 
the bits are 01, the other half of the inner group is 
selected; otherwise the outer group is selected. 

There are sixteen 2D points in the outer group 
or in either half of the inner group of a 2D subset, 
and eight uncoded information bits remain for se- 55 
lecting from among those 2D points. Those eight 
bits are taken in two groups of four bits each, and 
are renamed as Z4„ Z5 n Z6 n Z7„ and Z4 n + ? Z5 n + 



T Z6 n + 1 Z7 n + t . The first group Z4 n Z5 n Z6 n Z7 n 
will be used to select a 2D point from the pre- 
viously selected outer group or the selected half of 
the inner group of the first 2D subset, and likewise 
for the second group Z4 n + t Z5 n + i Z6„ + , Z7 n + 
1- 

To summarize, the bit converter 96 and 4D 
block encoder 97 take the four output bits of the 
convolutional encoder and the eleven remaining 
uncoded information bits and produce sixteen cod- 
ed selection bits. Those sixteen selection bits are 
then grouped by sampler 36 into two groups of 
eight selection bits each, Z2 n Z3 n Z4 n Z5 n Z6 n Z7 n 
Z0 n Z1 n and Z2 n + n Z3„ + , Z4 n + 1 Z5 n + t Z6 n + i 
Z7 n + iZ0 n + i Z1 n + t - The first group Z2 n Z3 n Z4 n 
Z5 n Z6 n Z7 n Z0 n Z1 n is then used to address a 2D 
mapping .table 38 (constructed in the manner pre- 
viously described) to obtain the pair of coordinates 
for the first 2D point corresponding to the 4D point 
defined by the four output bits of the convolutional 
encoder and the eleven remaining uncoded in- 
formation bits. Likewise, the second group of selec- 
tion bits addresses the same table 38 to obtain the 
coordinates of the second 2D point Since each 
group of eight selection bits Z2 m Z3 m Z4 m Z5 m Z6 m 
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Z7 m Z0 m Z1 m , when m = n or n + 1, can^ assume 
only 192 values (because Z2 m Z3 m cannot be 11), 
the table has only 384 192 x 2) coordinate 
values. The table can be further reduced to only 96 
(= 48 x 2) coordinate values, if we also require that 
the same pattern of Z2 m Z3 m Z4 m Z5 m Z6 m Z7 m , 
for either m = n or n + 1 , be associated with each 
of the four 2D points which can be obtained from 
each other by 90 degree rotations. In that case, the 
table provides the pair of coordinate values cor- 
responding to Z2 m Z3 m Z4 m Z5 m Z6 m Z7 m for a 
specific pattern of Z0 m Z1 mi m ■ norn + 1. The 
pair of coordinate values corresponding to other 
patterns of Z0 m Z1 m can be obtained through 90 
degree rotations of the pair of coordinates obtained 
for the specific pattern of Z0 m Z1 m . 

In effect, the sequence of signal points sent 
from encoder 26 carries with it information (in the 
form of the subsets from which those signal points 
were drawn) about the encoder's path through the 
trellis. 

At the receiver, decoder 48 exploits this histori- 
cal information to estimate the path through the 
trellis which was likely to have been tranversed at 
the transmitter by also taking into account the 
noise correlation, and using that estimated path 
determines the signal points which were sent. The 
decoding process is based on a modification of the 
Viterbi decoding algorithm. 

As of each point in time represented in the 
trellis (e.g., the time represented by column 86 of 
Fig. 9) the decoder stores for each of the possible 
thirty-two states a contending path history compris- 
ing the list of the L most recent 4D signal points 
lying on some likely trellis path which ends in that 
state. (2L is the number of signaling intervals -for 
example --which elapses between the time a signal 
is received and the time a corresponding final 
decision is made about which signal point was 
sent). The decoder also stores for each possible 
state a contending path metric which represents 
the aggregate squared distance between the 4D 
signal points on the contending path ending in that 
state and certain noise corrected versions (to be 
described below) of the sequence of received 4D 
signals. 

After two more signaling intervals have 
elapsed, the decoder extends the trellis to the next 
point in time along the trellis (e.g., the time repre- 
sented by column 88 in Fig. 9). Extending the 
trellis is done in general by identifying the mini- 
mum metric contending trellis path ending in each 
next possible state based on the previously stored 
contending path metrics and on calculations of the 
squared distances (branch metrics) for alternative 
possible transitions (branches) leading to each next 
possible state. Once the trellis has been extended, 



the oldest 4D signal point in the most likely one of 
the contending path histories becomes a final de- 
cision. This process of extending the trellis is re- 
peated every two signaling intervals. 

5 More specifically, referring to Fig. 12, modify- 

ing circuitry 46 includes four noise predictors 102, 
104, 106, 108, associated respectively with the four 
different 2D subsets A, B, C, D. For example, 
predictor 104 is associated with 2D subset B. In 

10 what follows we represent 2D subsets by integers 
according to: 

A - 0 

75 B~ 1 

C"2 

D~3. 

20 Although in this example the subsets asso- 
ciated with the predictors are the same as the 
subsets used in the encoder, in general the sub- 
sets used with the predictors can be different and 
thus will be called decision subsets while the sub- 

25 sets at the encoder will be called encoder subsets. 

Modifying circuitry 46 receives from the de- 
modulator pairs of 2D received signals each pair 
corresponding to two intervals worth of bits en- 
coded by the transmitter. The two received signals 

30 in each pair are-delivered in sequence. The cur- 
rently received pair are respectively denoted r 1trw 
and r 2> new. while the previous pair are denoted r 1)0 | d 
and r 2 , G rd - Thus, the order in which the signals are 
delivered is r 1|0ld , r a , oUil r 1ineWl r 2inew . The same 

35 received signals are delivered to all of the predic- 
tors. 

In ail of the predictors, the same predictor 
coefficient is used for both received signals of the 
currently received pair, and is denoted b nB w - For 

40 the prior pair of received signals the coefficient is 
bow. The modified received signals delivered from 
the predictors are denoted by "prime" signs: In the 
first signaling interval they are denoted r i, n Bw(i)» i 
= 0, 1 , 2, 3; in the second signaling interval r 2l new 

45 (i), i = 0, 1, 2, 3. The noise predictions used in the 
first and second intervals are respectively denoted 
• n ,(i), * a (i), i = 0, 1, 2, 3. The tentative 
decisions of which signals were sent in the current 
pair of intervals are respectively denoted c i,new. 

so c 2.newand the tentative decisions for the prior 
pair of intervals are c i l0M , c 2,01* These 
decisions will be used in updating the predictor 
coefficient. The closest signal points from each of 
the 2D decision subsets to the received signals are 

55 determined by slicers 110, 112, 114, 116 and are 
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1,o!d< 



(0. 



denoted C 1,new(0. C 2 t new(0. c 

c 2,oki (0» 1 = 0, 1, 2, 3. These alternative 
decisions will be used by the predictors to form the 
input error signals as described below. 

Referring to Fig. 13 f the decoding for each pair 
of signaling intervals proceeds on an interval-by- 
interval basis. In the first interval of the pair (120), 
the first step is to update the predictor coefficient - 
(b new ) to be used by all four predictors in both 
intervals of the pair (122). 



bnew = boW-AfeokH^ofd ' 
1 t o!cT C Lotd)*- 



C 1 l0 ld)bokT *C 2,oId)(r 



where * represents the complex conjugate and A is 
a positive constant, c i,ora and c 2 )0 w are the 
tentative decisions in the prior signaling intervals 
corresponding to the most recent signal points in 
the best path history with the minimum path metric. 

The next step is to compute a noise prediction 
for each of the four predictors (124) based respec- 
tively on the points in the previous signaling inter- 
val ( c ^oidO) from each 2D decision subset (i = 
0,1 r 2 r 3)) which are closest to the corresponding 
non-modified received signal in that interval: 

n i0) = 02,old - C 2.old (i))bnew. * = 0, 1, 2, 3. 

Next, each predictor uses its noise prediction 
to modify (126) the currently received signal r 1<nw . 
The outputs of the modifying circuitry are then: 

Tl.newO) - h t neyr ' H i(l), = 0, 1, 2, 3. 

Then, four 2D branch metrics are computed - 
(128) for each modified received signal, namely the 
branch metrics for the signal points in the four 2D 
encoder subsets which are nearest to that modified 



point. A total of sixteen 2D branch metrics are thus 
calculated: d \ Q,i), i = 0, 1, 2, 3, j = 0, 1, 2, 3, 
where d f (j,i) is the squared distance between 
the modified received signal r 1inew (i) and the near- 

s est signal point from the jth 2D encoder subset 
The 16 branch metrics are saved. 

Next, the closest points in each 2D decision 
subset - c i.newOMo the non-modified received 
signal ri inBW are found and new noise predictions are 

70 computed (130) for use in the second signaling 
interval: 

n a© ~ (ri ( nevf - C l,naw(i)) bnew, i = 0, 1, 2, 3. 

In the second signaling interval (132), those 
75 noise predictions are used to modify the received 
signal (134). The outputs of the four modifying 
circuitry are then: 

T^newO) = r 2 ,iievr" H a(0» i = 0, 1, 2, 3. 

20 Next, for each modified received point, four 2D 
branch metrics are computed, d \ (j j). i = 0, 1 r 
2, 3, j = 0, 1, 2, 3, where d | 0.0 is the squared 
distance between the modified received signal 
r 2l new(i) and the nearest 2D signal point in the jth 

25 2D encoder subset (136). These sixteen branch 
metrics are saved. 

The 2D branch metrics saved in the first and 
second intervals are then combined (138)" into a 
total of 64 4D branch metrics. Each 4D branch 

30 metric is the sum of one of the first interval 2D 
branch metrics and one of the second interval 2D 
branch metrics. Each of the 64 4D branch metrics 
is denoted 



35 



D 2 (l,i) = df(j,i) + dt(k,j), 1 « o,l ,15 

i = 0,1,2,3. 



where I represents the 4D subset corresponding to 
the 2D encoder subsets j and k. For example, the 
4D branch metric D 2 (i,i) is the sum of (a) the 
squared distance between the first interval output 
of the ith modifying circuitry, and the nearest 2D 
point from the first 2D encoder subset j corre- 
sponding to the ith 4D subset plus (b) the squared 
distance between the second interval output of the 
modifying circuitry associated with first 2D decision 
subset j corresponding to the ith 4D subset, and 
the nearest 2D point from the second 2D encoder 
subset k corresponding to the Ith 4D subset. Re- 
stated, the 4D branch metric is a concatenation of 
two 2D branch metrics for the two signaling inter- 
vals. The 2D metrics are respectively based on the 
closest points from the two 2D encoder subsets . 
making up the 4D subset. In the first interval the 
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55 



metric is measured from some Pth modified re- 
ceived signal; in the second interval from the modi- 
fied received signal associated with the 2D de- 
cision subset of the first interval. 

The 64 4D branch metrics are then used to 
extend the trellis (140) by first assigning to each 
trellis branch an appropriate one of the 4D branch 
metrics. Specifically, a trellis branch to which a 4D 
subset I has been assigned and which originates 
from a state with a path history whose most recent 
2D signal point is in 2D decision subset i will be 
assigned branch metrics D 2 (l,i). Once the branch 
metrics have 1 been assigned, the extension of the 
trellis is accomplished in the usual way by finding 
the best contending paths with minimum accu- 
mulated metric ending in each possible next state. 
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Next, the best contending trellis path is iden- 
tified. The most recent 4D signal point £ i, n ew 
C i.naw in that path is saved to be used to 
update the predictor coefficient in the next sig- 
naling interval. The oldest 4D signal point in that 
path is released (144) as a final decision for deliv- 
ery to converter 62 (Fig. 5). 

" Because of the simplification in the 4D con- 
stellation mapping, the mapping from each finally 
decided 4D point back to the 14 information bits in 
decoder is simplified. Each 2D point of the pair of 
2D points corresponding to the 4D point can first 
be mapped back to eight Z bits, using a single bit 
mapping table 64 (Fig. 4). Then performing the 
inverse conversions corresponding to the bit con- 
verter and 4D block encoder produces the 14 in- 
formation bits. 

Thus, the number of noise predictors is not 
dependent on the number of states or the number 
of dimensions of the code. Only 16 possible branch 
metrics need to be calculated in each signaling 
interval, and only 64 4D metrics need to be cal- 
culated. With relatively few branch metric and 
noise prediction calculations to be made, the de- 
coder can be relatively simple with no major sacri- 
fice in performance. 

Other embodiments are within the following 
claims. 

The code can be other than 4D, for example 
2D, 8D, 16D, etc., and can have other numbers of 
states, for example, 8 states, 16 states, 64 states, 
etc. The noise predictors can be replaced by or 
combined with other feedback devices such as 
adaptive phase predictors. A baseband commu- 
nication system can be used. 

In generating modified versions of the received 
signal, the modifying circuitry may use a finer or 
coarser partitioning of the 2D signal constellation 
than the partitioning used in the encoder. For ex- 
ample, in the 32-state code, the modifying circuitry 
may partition the 192-point 2D signal constellation 
into 8 decision subsets with 24 points in each 
decision subset again keeping the distance be- 
tween points in a decision subset as large as 
possible. In this case, 8 noise predictions and 8 
modified versions of the received signal will be 
generated. For each modified version, 4 2D branch 
metrics are computed with respect to each of the 
2D encoder subsets A,B,C, and D. The 32 branch 
metrics computed in each signaling interval are 
combined to obtain 128 4D branch metrics D 2 (l,i), I 
= 0,1 ,...,15, i = 0,1 ,...,7. A trellis branch to which a 
4D subset I has been assigned and which origi- 
nates from a state with a path history whose most 
recent 2D signal point is in the 2D decision subset 
i (0-7) will be assigned the branch metrics D 2 (l,i). 
Otherwise, the decoding proceeds in the same 
manner as described above. 



The scheme can also be used with multiple 
predictor coefficients. In this case, the decision 
subsets will be multi-dimensional. For example, in 
the 32-state code, to use two predictor coefficients, 

5 we can choose the 16 4D encoder subsets as the 
decision subsets. Then, each signaling interval, 16 
4D alternative decisions are formed. For example 
in the first signaling interval, the modifying circuitry 
first forms 4 2D alternative decisions £ i,new(i)» i 

10 ■ 0,1 ,2,3 as before, by choosing the signal points 
in each of the 2D subsets i = 0,1,2,3 closest to the 
non-modified received signal ri inew - These are then 
combined with the 4 2D alternative decisions 
c 2 l0 idG)i j = 0,1,2,3 from the previous signaling 

15 interval (computed in the same manner ) to form 
the sixteen 4D alternative decisions ( £ i, nB w(i). 

c 2,oid (i))» i,j = 0,1 ,2,3. For each 4D alternative 
decision a different noise prediction- value n 2(1). 
I ~ 0,1 ,...15 is generated for use in the second 

20 signaling interval: 

n a((l) = (ri.new- & 1,new (')) th.new 

+ (r 2l0 id - £ 2,oid(i)) b 2( „ BW , I = 0,1 ,...15 

25 

ij = 0,1,2,3, 

where I = (i,j) represents the 4D decision subset 
associated with 2D subsets j and L The quantities 

30 b 1jnew and b 2 , n8 ware the first and second order 
predictor coefficients, respectively. These can be 
updated adaptively in a manner similar to the up- 
dating of the coefficient b ne w described before for 
the single-coefficient predictor. In the second sig- 

35 naling interval, 16 modified versions r 2tnBW (l) I = 
0,1. ...15 of the received signal r 2inew will be formed: 

r 2 ,new(0 ■ r 2l naw - H 2 (l) , I = 0,1 ,...,15. 

40 For each modified version, 4 2D branch metrics are 
computed with respect to 4 2D encoder subsets A, 
B, C and D. the resulting 64 branch metrics are 
then used together with the 64 branch metrics from 
the first signaling interval (computed in the same 

45 manner) to obtain 256 4D branch metrics D 2 (i,l), i 
= 0,1 ,...,15, I = 0,1 ,...,15. A trellis branch to which 
a 4D subset i has been assigned and which origi- 
nates from a state with a path history whose most 
recent pair of signal points is in the 4D decision 

so subset I (0-15) will be assigned the branch metrics 
D 2 (l,i). The trellis update can otherwise proceed in 
the same manner as described before. Again the 
. decision subsets can be different from the encoder 
subsets.. For example in principle, only 8 decision 

ss subsets need be used. 
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The decoder may employ a larger number of 
states than required "by the encoder, to achieve 
improved performance. For example, for the single- 
coefficient case, in the 32-state 4D decoder each 
current encoder state can be replaced by 4 new 
decoder states based on the most recent 2D de- 
cision subsets. More specifically, when the de- 
cision subsets are the same as the 2D encoder 
subsets, the new decoder states can be denoted as 
(i.a), (i,b), (i,c) and (i,d), where i (0-31) represents 
the encoder state and a,b,c, or d represent the 2D 
decision subset associated with the most recent 
signal point in a trellis path. Thus, there will be 128 
(=32x4) decoder states with 8 transitions - 
(branches) from each decoder state. The state tran- 
sition diagram for this new decoder state assign- 
ment can be easily obtained from Fig. 10. In gen- 
eral, the state (k,j) with k (0-31) being an encoder 
state and j (a,b,c, or d) a 2D decision subset will 
have transitions from decoder states (n,a), (n,b) r - 
(n,c), (n,d) and (m,a), (m,b), (m,c), (m,d) with n and 
m representing the two encoder states which have 
a transition to encoder state k corresponding to a 
4D subset the second 2D subset of which is j. For 
example, the transitions to state (0,a) will be as 
shown in Fig. 14. In the decoding process 128 
contending path metrics and path histories will be 
stored. The generation of the four modified ver- 
sions of the received signal and the calculation of 
64 4D branch metrics will be the same. The trellis 
update can proceed in a similar manner. For exam- 
ple, the new path metric for state (0,a) will be the 
minimum accumulated path metric of all contend- 
ing paths shown in Fig. 14 leading to state (0,a). 
The tentative decisions c i,new and & ^new 
and the finai decisions are again obtained from the 
best path history with the smallest path metric. 

The described decoder has a reduced number 
of states relative to an optimum Viterbi decoder - 
(optimum for combined decoding/equalization) be- 
cause the states are defined in terms of subsets of 
signal points rather than in terms of the individual 
signal points. Note that for the single-coefficient 
case the optimum decoder would need 6144 (=32 
x 192) decoder states and substantially more com- 
plicated branch metric computations. The set parti- 
tioning used in the decoder can again be different 
from the partitioning used in the encoder, in the 
special case when the number of decision subsets 
is equal to the number of signal points, the de- 



coder will become optimum for the single-coeffi- 
cient case. By using a moderate number of de- 
cision subsets, near-optimum performance can be 
obtained with significantly less complexity than re- 

5 quired by the optimum decoder. The method can 
be applied for codes with any number of states or 
dimensions. It can also be used in conjunction with 
the Qureshi scheme, by modifying received signals 
with alternative decisions taken directly from path 

io histories or previous branch metric computations. 
Multiple predictor coefficients can be handled by 
defining states in terms of multi-dimensional de- 
cision subsets. 

This method can also be used to implement a 

75 reduced-state Viterbi algorithm detector in an un- 
coded system with channel distortion. Referring to 
Fig. 15, in an uncoded 16-QAM communication 
system, a stream of binary digits 160 are collected 
in groups of four by serial-to-parallel converter 162 

20 and encoded in the mapping device 164 at the 
signaling rate into a complex signal point according 
to the signal point mapping shown in Fig. 16. The 
signal points are modulated, filtered in a transmit 
filter and D/A converted 166 to generate an analog 

25 signal to be sent over a bandlimited, noise-affected 
channel. 

in the receiver, the noise-affected signal is A/D 
converted and passed through a linear equalizer 
168 to generate a sequence of received signals at 

30 the signaling rate. The equalizer suppresses any 
ISI introduced by the channel, but its output is 
corrupted by a noise sequence which is typically 
correlated between successive intervals. For sim- 
plicity, we assume that a single-coefficient predic- 

35 tor is sufficient for minimum mean-square error 
prediction of this noise sequence. This means that 
an optimum Viterbi detector would need 16' = 16 
states. 

The received sequence is fed into modifying 
40 circuitry 170 which partitions the signal constella- 
tion into four decision subsets according to Fig. 16. 
When a new signal r new is received the modifying 
circuitry generates an alternative decision for each 
subset by choosing the signal points in the subset 
45 which are closest to r n6W in the sense of Euclidean 
distance. We will denote these decisions as 
C newCO. i = 0,1,2,3. 
The received signal r new is modified using alter- 
native decisions from the previous signaling inter- 
so val: 



r;. w (i) = r n «„ - [rotd - C«n(i>] b Wnow , 
i - 0, 1, 2, 3, 
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where bi (ne w is the predictor coefficient. These four 
modified received signals are fed into Viterbi al- 
gorithm device 172. The Viterbi algorithm has only 
four states defined in terms of the decision sub- 
sets. The associated state transition diagram is 
shown in Fig. 17. Here r four transitions are in- 
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dicated for each state. Each transition is associated 
with a decision subset and each actually represents 
four possible transitions associated with the four 
signal points in that subset. 
5 For each modified signal the Viterbi algorithm^ 
will compute four branch metrics according to 



df 3 - •rA.wU) - C(i,j) \ i,j - 0,1,2,3. - 



where C is the signal point in subset j which 
is closest to the i'th modified signal r new (i). Then, 
for a transition from the i'th state the branch metr- 
ics d \ j, ij - 0,1,2,3 will be used. Otherwise, 
the trellis update can proceed in a conventional 
manner. The best path history will be identified and 
the oldest signal point in that path is released as a 
final decision for delivery to inverse mapping de- 
vice 174 and parallel-to-serial converter 176. The 
predictor coefficient can be adaptively updated us- 
ing tentative decisions from the Viterbi algorithm. 

The methods for exploiting noise correlation at 
the output of a linear equalizer can also be used in 
other forms of DFE or Viterbi detectors. Other 
approaches for updating the predictor coefficients 
can be used. 

The 32-state, 4D code used in this application 
was the invention of Lee-Fang Wei, and is similar 
to codes described in his United States Patent 
Application titled Multi-Dimensional Convolutionally 
Coded Communication Systems, filed April 15, 
1985, assigned to the same assignee as this ap- 
plication and incorporated herein by reference. 



modifying circuitry for generating a plurality of dif- 
ferent modified versions of each said received sig- 
nal, and 

a decoder having a finite number of possible de- 
coder states based on said possible encoding 
states, and for deciding which signal points were 
sent based on estimating a particular time se- 
quence of said decoder states corresponding to 
said particular sequence of encoding states, by 



storing a number of path histories of previous sig- 
nal points, and using said modified versions to 
extend said path histories to later signaling inter- 
75 vals, 

said different modified versions of each said re- 
ceived signal numbering fewer than said number of 
said stored path histories. 

2. A receiver for deciding which signal points 
were sent from a transmitter based on correspond- 
ing noise affected signals received via a distorting 
channel, said noise affected signals carrying in- 
formation about" a particular sequence of states 
occupied in a succession of time intervals by a 
finite state process having a finite number of possi- 
ble states, said receiver comprising 

modifying circuitry for generating a plurality of dif- 
ferent modified versions of each said received sig- 
nal, and 

a decoder having a finite number of possible de- 
coder states based on said possible encoding 
states, for deciding which signal points were sent 
based on estimating a particular time sequence of 
said decoder states corresponding to said particu- 
lar sequence of encoding states by storing a num- 
ber of path histories of previous signal points, and 
for partitioning a constellation from which said sig- 
nal points are drawn into decision subsets and 
associating transitions from a possible decoder 
state with one of said decision subsets based on 
signal points stored in said path histories, 

each said modified version being associated with 
one of said decision subsets. 

3. A receiver for deciding which signal points 
were sent from a transmitter based on correspond- 
ing noise affected signals received via a distorting 
channel, said noise affected signals carrying in- 
formation about a particular sequence of encoding 
states occupied in a succession of time intervals 
by a finite state process having a finite number of 
possible said encoding states, said receiver com- 
prising 

modifying circuitry for generating a plurality of dif- 



Claims 

1. A receiver for deciding which signal points 
were sent from a transmitter based on correspond- 
ing noise affected signals received via a distorting 
channel, said noise affected signals carrying in- 
formation about a particular sequence of encoding 
states occupied in a succession of time intervals 
by a finite state process having a finite number of 
possible said encoding states, said receiver com- 
prising 
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ferent modified versions of each said received sig- 
nal, and 

a decoder having a finite number of possible de- 
coder states based on said possible encoding 
states, and for deciding which signal points were 
sent based on estimating a particular time se- 
quence of said decoder states corresponding to 
said particular sequence of encoding states, 

said different modified versions of each said re- 
ceived signal numbering fewer than said finite 
number of possible decoder states. 

4. A receiver for deciding which signal points 
were sent from a transmitter based on correspond- 
ing noise affected signals received via a distorting 
channel, said noise affected signals carrying in- 
formation about a particular sequence of encoding 
states occupied in a succession of time intervals 
by a finite state device in said transmitter having a 
finite number of possible said encoding states, said 
receiver comprising 

modifying circuitry for generating a plurality of dif- 
ferent modified versions of each said received sig- 
nal, and 

a decoder having a finite number of decoder states 
that is greater in number than the number of said 
possible encoding states, and for deciding which 
signal points were sent based on estimating a 
particular time sequence of said decoder states, by 
storing a number of path histories of previous sig- 
nal points and by using said modified versions to 
extend said path histories to later signaling inter- 
vals, each said possible decoder state being asso- 
ciated with one of said encoder states and with a 
possible decision subset among a group of de- 
cision subsets of said signal point, 

sad possible decoder states numbering fewer than 
the number of decoder states in an optimum trellis 
decoder. 

5. The receiver of claim 4 wherein said finite 
number of encoder states in said transmitter is one. 

6. The receiver of claim 1 , 2, 3, or 4 wherein 
said finite state process comprises an encoder in 
said transmitter for encoding a stream of informa- 
tion symbols into said signal points, said signal 
points being drawn from a constellation that is 
partitioned into encoder subsets, possible transi- 
tions from one said possible encoding state in a 
first time interval to one said possible encoding 
state in a next time interval being associated with 
said encoder subsets. 

7. The receiver of claim 1 , 2, or 3 wherein said 
finite state process comprises the distorting char- 
acteristics of said channel. 



8. The receiver of claim 1 , 2, 3 t or 4 wherein 
said modifying circuitry generates a plurality of 
alternative decisions for said received signals, said 
different modified versions being based on different 

5 said alternative decisions. 

9. The receiver of claim 8 wherein said de- 
coder generates final decisions about which signal 
point was sent after a plurality of said time intervals 
have passed, and said modifying circuitry gen- 

w erates said alternative decisions after fewer said 
time intervals or no delay. 

10. The receiver of claim 8 wherein said modi- 
fying circuitry associates each said alternative de- 
cision with a particular decision subset of possible 

- 75 said signal points. 

11. The receiver of claim 10 wherein said de- 
cision subsets are formed by partitioning the con- 
stellation of ail possible said signal points. 

12. The receiver of claim 10 wherein 

20 

said finite state process comprises an encoder in 
said transmitter for encoding a stream of informa- 
tion symbols into said signal points, said signal 
points being drawn from a constellation that is 
25 partitioned into encoder subsets, possible transi- 
tions from one said possible encoding state in a 
first time interval to one said possible encoding 
state in a next time interval being associated with 
said encoder subsets, and 

30 

wherein said decision subsets are the same as said 
encoder subsets. 

13. The receiver of claim 10 wherein 

35 said finite state process comprises an encoder in 
said transmitter for encoding a stream of informa- 
tion symbols into said signals points, said signal 
points being drawn from a constellation that is 
partitioned into encoder subsets, possible transi- 

40 tions from one said possible encoding state in a 
first time interval to one said possible encoding 
state in a next time interval being associated with 
said encoder subsets, and 

45 wherein said decision subsets are different from 
said encoder subsets. 

14. The receiver of claim 10 wherein 

said finite state process comprises an encoder in 
50 said transmitter for encoding a stream of informa- 
tion symbols into said signal points, said signal 
points being drawn from a constellation that is 
partitioned into encoder subsets, possible transi- 
tions from one said possible encoding state in a 
55 first time interval to one said possible encoding 
state in a next time interval being associated with 



13 



U 2Ub ffV 



26 



said encoder subsets, and 

said decision subsets are unions of said encoder 
subsets. 

15. The receiver of claim 10 wherein said de- 5 
cision subsets have a dimensionality that is larger 
than the dimensionality of the signal constellation. 

of said signal points. 

16. The receiver of claim 10 wherein said 
modifying circuitry generates said alternative de- 10 
cisions by choosing the signal point in each said 
decision subset which is closest, in the sense of 
Euclidean distance, to the most recent said re- 
ceived signals. 

17. The receiver of claim 10 wherein said 75 
modifying circuitry comprises a plurality of noise 
predictors, each of which generates one of said 
modified versions by offsetting each said received 
signal by a noise prediction value, said noise pre- 
diction values for said poise predictors being based 20 
on errors between prior said received signals and 
corresponding said alternative decisions. 

18. The receiver of claim 1, 2, 3, or 4 wherein 
said time interval spans the period required to 
transmit a plurality of said signal points in a plural- 25 
ity of successive signaling intervals. 

19. The receiver of claim 18 wherein each said 
time interval spans two said signaling intervals. 

20. The receiver of claim 1, 2, 3, or 4 wherein 

said transmitter further comprises a modulator for 30 
modulating a carrier in accordance with signal 
points for transmission over said channel, and said 
receiver further comprises a demodulator for deriv- 
ing said noise affected received signal from said 
modulated carrier. 35 

21 . The receiver of claim 1 v 2, 3, or 4 wherein 
said number of path histories is greater than two. 

22. The receiver of claim 9 wherein there are 
four said decisions subsets and four said modified 
versions. 40 

23. The receiver of claim 4 wherein said de- 
coder states are formed by combining said en- 
coder states with said decision subsets. 

24. The receiver of claim 1, 2, 3, or 4 wherein 
each said time interval spans a plurality of sig- 45 
naling intervals, 

said decoder estimates said particular sequence of 
decoder states based on estimating the most likely 
of said possible path histories ending in different 50 
ones of possible decoder states in a first time 



interval, and based on extending said path histories 
for each said possible decoder state in said first 
time interval to possible decoder states in a next 
time interval by means of branch metric calcula- 
tions with respect to state transitions leading to 
each of said possible decoder states in the next 
time interval, 

said decoder defines a group of decision subsets 
of said possible signal points, 

said decoder makes said branch metric calcula- 
tions by finding the Euclidean distance between the 
modified version associated with a decision subset 
for the most recent signal points in said path his- 
tories and the closest signal point in the said en- 
coder subset of signal points that is associated with 
the current signaling interval, and 

said decoder makes said branch metric calcula- 
tions successively with respect to each of said 
signal points spanned by said time interval. 

25. The receiver of claim 1 , 2, 3, or 4 wherein 
said decoder estimates said particular sequence of 
decoder states based on estimating the most likely 
of said possible path histories ending in different 
ones of possible decoder states in a first time 
interval, and based on extending said path histories 
for each said possible decoder state in said first 
time interval to possible decoder states in a next 
time interval by means of branch metric calcula- 
tions with respect to state transitions leading to 
each of said possible decoder states in the next 
time interval, 

said decoder defines a group of decision subsets 
of said possible signal points, and 

said decoder makes said branch metric calcula- 
tions by finding the Euclidean distance between the 
modified version associated with a decision subset 
for the most recent signal points in said path his- 
tories and the closest signal point in the said en- 
coder subset of signal points that is associated with 
the current signaling interval. 

26. The receiver of claim 24 wherein said de- 
coder makes said branch metric calculation - by 
finding the Euclidean distance between each said 
modified version and the nearest signal point in 
each of said encoder subsets. 
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